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Abstract

Active noise control typically employs adaptive filtering to generate sec-
ondary noise, where the least mean square algorithm is the most widely
used. However, traditional updating rules are linear and exhibit limited ef-
fectiveness in addressing nonlinear environments and nonstationary noise.
To tackle this challenge, we reformulate the active noise control problem as
a meta-learning problem and propose a meta-learning-based delayless sub-
band adaptive filter with deep neural networks. The core idea is to utilize a
neural network as an adaptive algorithm that can adapt to different environ-
ments and types of noise. The neural network will train under noisy observa-
tions, implying that it recognizes the optimized updating rule without true
labels. A single-headed attention recurrent neural network is devised with
learnable feature embedding to update the adaptive filter weight efficiently,
enabling accurate computation of the secondary source to attenuate the un-
wanted primary noise. In order to relax the time constraint on updating
the adaptive filter weights, the delayless subband architecture is employed,
which will allow the system to be updated less frequently as the downsam-
pling factor increases. In addition, the delayless subband architecture does
not introduce additional time delays in active noise control systems. A skip
updating strategy is introduced to decrease the updating frequency further
so that machines with limited resources have more possibility to board our
meta-learning-based model. Extensive multi-condition training ensures gen-
eralization and robustness against various types of noise and environments.
Simulation results demonstrate that our meta-learning-based model achieves
superior noise reduction performance compared to traditional methods.
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1. Introduction

Active noise control (ANC) is designed to cancel noise through sound
superposition [II, 2] [3]. It is proved that ANC has a strong effect on reducing
mid-low-frequency noise, which the passive noise control (PNC) approach
involving the use of sound barriers and mufflers can not cope with [4] 5] [6].
With the development of computing and processing devices, ANC technology
has advanced rapidly. A wide range of applications have been successfully
commercialized, such as earphones [7] and vehicles [§]. A typical ANC sys-
tem requires a secondary speaker to produce a secondary sound source and
an error microphone to measure residual noise. Depending on whether a ref-
erence microphone is used, ANC systems can be classified into feedforward
control and feedback control [9]. If both feedforward and feedback structures
are employed, the system is considered hybrid [10].

Traditionally, linear adaptive filters are used to handle Gaussian dis-
tributed noise passing through the primary acoustic path [II]. The least
mean square (LMS) algorithm and its variants are commonly employed due
to their simplicity, robustness, and low computational load [12]. The filtered-
x LMS (FxLMS) algorithm is proposed [13] [14], [I5] to account for the time
delay of the secondary path. However, nonlinear distortions are inevitable in
real-world ANC implementations. The responses of electronic components,
such as loudspeakers, are not strictly linear. In particular, the saturation
effect of electronic components mainly distorts the secondary source. There-
fore, linear adaptive filtering is unable to achieve perfect ANC modeling.

Researchers have proposed various adaptive filters to address nonlinear
distortions in electrical devices and acoustic paths. The leaky-update and
weighted-update algorithms are suggested to mitigate the nonlinearity of elec-
trical devices [16, [I7]. The Volterra kernel has been introduced to project
the reference signal onto a higher-dimensional space to handle nonlinear-
ity in ANC systems [I8], 19 20]. The tangential hyperbolic function-based
FxLMS algorithm models the secondary path with saturation-type nonlin-
earity [21], 22]. Beyond nonlinear function-based FxLMS algorithms, neural
networks have also been exploited to handle system-wide nonlinearity [23].
Functional-link structures use nonlinear, fully-connected layers to achieve



better performance [24, 25, 26]. In [27], a multilayer perceptron (MLP)
network is adopted for active control of vibrations. Furthermore, various
schemes have been developed to increase convergence speed and reduce com-
putational complexity [28, 29]. Additionally, robust adaptive filters based on
M-estimator and fractional lower-order statistics [30, B1], 32], 33] have been
developed to handle abnormal disturbances and signals.

Deep learning has gained significant traction and is supported by well-
developed and accessible databases, such as speech corpus [34] and hand
gestures [35]. Deep learning models can be trained and applied in practi-
cal scenarios due to sufficient data and computational resources [36]. Unlike
traditional MLP, convolutional neural networks (CNNs) can compress and
extract input features [37]. Furthermore, recurrent neural networks (RNNs),
including long short-term memory (LSTM) models, have proven to be effec-
tive in dealing with long data sequences for time series prediction [38, 39} [40].
The work [41] integrates MLP, CNN, and RNN in a feedforward ANC sys-
tem. Moreover, convolutional recurrent network (CRN) structures have been
applied to ANC, showing superior performance [42], 43]. A deep selective
fixed-filter structure is recently developed [44], which models the original
ANC problem as an adaptive switching problem. After that, many deep-
learning-based methods have been devised [45, [46].

Apart from the end-to-end deep ANC methods, the deep adaption method
has been proposed in [47]. In [48], a meta-learning-based adaptive filter is
introduced to learn robust updating rules. The work [49] devises a meta-
learning-based adaptive filter employing a fast block updating structure.
However, ANC systems involve a physical secondary path and a loudspeaker,
implying that fast block updating may violate the time constraint [50].

In this paper, we devise a meta-learning-based delayless subband ANC
architecture to improve the performance of feedforward ANC systems in vari-
ous noisy and nonlinear environments, including the nonlinearity of the loud-
speaker. The modified delay-less subband relaxes the time constraint in the
ANC systems. We also discuss a variant of the proposed architecture with the
main delay of the secondary path. Extensive simulations under different con-
ditions demonstrate the robustness and efficiency of the meta-learning-based
delayless subband ANC architecture and its superiority over traditional ANC
algorithms.

The main contributions are summarized as follows:

e Meta-Learning-Based Adaptive Filter for ANC: We reformu-



lated the ANC problem of applying adaptive filtering as a meta-learning
problem to learn an optimized updating rule for adaptive filter from
noisy observations. A deep learning model with learnable feature em-
bedding approximates the optimized updating rule.

e Modified Delayless Subband Architecture: The delayless sub-
band architecture is introduced, which does not demand multi-point
updating. We modified the original architecture to incorporate it into
the learning-based adaptive filter. The modified architecture decreases
the updating frequency to relax the time constraint of updating the
adaptive filter weight. Besides, a skip updating strategy is introduced
to decrease the update frequency further so that machines with limited
computational resources can board the proposed deep learning model.

e Training with Partially Known Secondary Path: We further
modified the proposed model to cope with the situation where only
the main delay of the secondary path is known. Training with the
main delay of the secondary path, our model can correctly update the
adaptive filter weight.

e Extensive Numerical Simulations: Large-scaled and multi-conditioned
data for training and testing is generated using public databases. The
large and complex training set ensures the model learns an updating
rule with good generalization and robustness. The testing set verified
the proposed model’s superior performance and robustness over the
traditional adaptive filters. The source code is available at:

The remainder of this paper is organized as follows: Section [2| describes
the signal model of ANC and its linear solution. Section [3| develops the
meta-learning-based delayless subband ANC architecture and skip updat-
ing strategy. Section [] details the experimental setup. Section [5| includes
simulation results and discussion. Finally, Section [0] concludes the paper.

2. Problem Statement

2.1. Signal Model

The block diagram of the ANC system is depicted in Fig. , where p(n)
and s(n) denote the primary and secondary acoustic paths, respectively. The
primary and secondary paths come from the noise source and the secondary
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Figure 1: Diagram of single-channel feedforward ANC system

speaker, respectively, to the error microphone. The reference signal x(n) is
picked up by the reference microphone close to the noise source. Without
loss of generality, we assume that the reference signal x(n) is equal to the
noise source [51]. Typically, the secondary path s(n) is represented by a
finite impulse response (FIR) filter of length L, with coefficient vector s =
(50,81, ---,51_1]7. The ANC controller generates the secondary sound source
y(n) by employing a linear adaptive filter:

y(n) =w' (n)x(n) (1)

where T is the transpose operator. The adaptive filter weight and the refer-

ence vectors are represented as N-length vectors w(n) = [wg(n), wi(n), ..., wx_1(n)]

and x(n) = [z(n),z(n —1),...,2(n — N + 1)]T, respectively.

This secondary sound source y(n) then passes through the secondary
acoustic path, producing the anti-phase sound y/(n) = s(n)*y(n) that cancels
the desired signal d(n). The corresponding error signal e(n) can be calculated
as:

e(n) =d(n) +y'(n) = d(n) + s(n) * y(n) (2)

where * denotes the convolution operator.
Considering the nonlinear saturation effect of the secondary loudspeaker,
a nonlinear function fxsg can be used [52]:

sl = [ exp {ﬂ s 3)

where 7 controls the nonlinearity. The smaller the value of 7 is, the higher
nonlinearity the loudspeaker has. If n? — oo, reduces to fxsgly] — v.
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Using , can be rewritten as:

e(n) =d(n) + s(n) x frsely(n)] (4)
2.2. Linear Solution
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Figure 2: Diagram of ANC system with adaptive algorithm

Fig. [2l shows the traditional linear adaptive filter applying in the single-
channel ANC system. An estimated secondary path §(n) is used for aligning
signals in the time domain. The secondary path is assumed to be precisely
identified. In this case, the filtered reference signal can be obtained as:

zp(n) = 5(n) * z(n) ()

By ignoring the nonlinearity of the speaker, the optimal linear solution
can be obtained by minimizing the mean squared error (MSE) function
E{e*(n)}. In practice, we minimize the instantaneous squared error sig-
nal e?(n) instead of E{e*(n)}. Using and (1), the resultant algorithm
is:

w(n+1) = w(n) — pxg(n)e(n) (6)

where 1 > 0 is the step size.

By analyzing the traditional adaptive updating rule in @, the conver-
gence depends on the upper bound of the step size u, which is negatively
correlated with ||x(n)||3 [53] and the delay of the secondary path [54]. Sup-
pose an abnormal component in the reference signal x(n) exists. In that
case, the upper bound will be extremely small to maintain stability, render-
ing the adaptive filter ineffective for the corresponding system. Additionally,
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when the disturbance is nonstationary, the error signal e(n) will destabi-
lize the adaptive filter. Here, we reconsider the nonlinear saturation effect
of the loudspeaker. The loudspeaker’s nonlinear saturation effect limits the
secondary source’s amplitude. As 71 decreases, the maximum amplitude of
the secondary source becomes smaller and smaller, and the residual noise
becomes larger and larger, which will prevent the traditional adaptive filter
from achieving perfect modeling.

3. Proposed Algorithm

3.1. Meta Learning

Meta learning can be defined as improving a learning algorithm through
learning episodes [55]. It involves a base learner and a meta learner. The
meta learner is designed to acquire meta knowledge across different datasets,
enabling the base learner to adapt to new tasks [56] quickly. In ANC systems,
the base learner functions as the current adaptive filter weight, while the meta
learner represents the adaptive updating rule for the filter [49]. The meta
learner predicts the gradient g(n) to update the adaptive filter weight. If the
meta learner employs the FxLMS algorithm, the predicted gradient is:

g(n) = xs(n)e(n) (7)

Here, we consider a neural network (NN) model with a temporal hidden
state h and modify @ as:

Wi+ 1) = win) — gyl b ®)

where g,[-, h] is the instantaneous output of g4(n) whose parameters are ¢.

Contrast with @, it can be seen that gy[-, h] is the predicted gradient.
In this case, (8] is the optimized updating rule in adaptive filters. Then, an
optimal adaptive updating rule is searched by training the NN model across
the dataset D [49]:

~

¢ = argmin Ep{Ly[L(n), g,(n)]} (9)

where L), is the meta loss of the meta learner, £(n) is the loss of the base
learner at time n and g,(n) is the instantaneous predicted gradient of the
NN model . A simple training scheme is illustrated in Fig. [B| The training
data is typically extensive, so the NN model is optimized batch by batch.
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Figure 3: Diagram of ANC system with NN model using meta learning

In addition, the loss of the base learner £(n) is ¢, norm loss, and the meta
loss Ly = > L(n). It is worth mentioning that £(n) is computed from
noisy observations. Whenever receiving a error signal e(n), the NN model
will update adaptive filter weight and compute the instantaneous loss £(n).
After one batch of training, a gradient decent-based optimizer will be used to
optimize the parameters of the NN model with Ep{L(n)} = Ep{d>_L(n)}.
After several training epochs, the meta loss converges. Then, the NN model
can predict a reasonable gradient to update the adaptive filter weight.

3.2. Modified Delayless Subband Architecture

Recalling the deep feedforward ANC approach, [41] employs various deep
learning modules, such as CNNs, to predict the desired signal d(n) in the
time domain. The approach of deep learning modules is similar to MLP [57].
However, the performance of these simple models is questionable when the
primary path changes. In another study, [42] uses spectra in both the input
and output, predicting the desired signal d(n) with the overlap-add method,
which requires fitting multiple points. It is worth mentioning that using a
multiple-point frequency domain algorithm [42] will introduce an extra time
delay in the ANC process, which may violate the time constraint [50].

To mitigate the time delay problem and make the deep learning-based
adaptive filter practical, we use a modified delayless subband architecture as
the backbone of our learning-based model. The original delayless subband
adaptive filter was developed in [58]. Its main idea is to stack weight vectors
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Figure 4: Diagram of modified delayless subband architecture with NN model

in subbands to produce the fullband filter vector, thereby alleviating the time
alignment problem.

In the original delayless subband architecture, the filtered reference signal
xs(n) and the error signal e(n) are decomposed into several subband signals
by an analysis filter bank with a downsampling factor D. Here, we use the
polyphase technique to generate the analysis filter bank, whose coefficients
are computed as follows:

{ak = [ag,a}g,...,aQ_l]T (10)

aj = cqexplj2mgk/ K]

where ¢, represents the gth coefficient of the prototype filter, K is the sub-
band number, j is the imaginary unit, D = K/2 and Q = N/D is the subband
filter length.

Then, the resultant filtered subband signals are obtained as:

{wm = alx,(n)

where x;5(n) = [z7(n),x;(n—D), ...,z (n—QD~+D)|" and e5(n) = [e(n), e(n—
D),....,e(n—QD + D)|T.

It is worth mentioning that a smaller adaptive filter update frequency is
feasible due to the presence of the analysis filter bank. For example, if the
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sampling frequency used is 16 kHz and the downsampling factor D is 16, the
system will be able to operate at a frequency of 1 kHz.

To form the fullband filter weight using the subband filter weights, the
frequency stacking method is required. Typically, the fast Fourier transform
(FFT)-1 method [59] is adopted:

(l)QN K
o0 WfUK;NJ< n),l € [0,N/2)
w;'(n)=1<0,0=N/2

w (n),1 € (N/2,N)

wi(n) = W (n), wl (n), ..., w" " (n)]"

(12)

where w;l) (n) is the lth coefficient of the fullband filter in the frequency

domain, W%(n) means the [th coefficient of the kth subband filter in the
frequency domain, |-| is the floor operator and (-)on/x is the modulo-2N/K
operator.

Our modified architecture is depicted in Fig. The core updating rule
is represented by an NN model. Different from the traditional delayless
subband structure, FFT is directly used after the analysis filter bank to
generate more stable features of the filtered subband reference signal x ¢4 (n)
and the subband error signal eg(n). The resultant filtered subband signals
are written as:

{xffk(n) = FFT[z(n), 2px(n — 1), ., xpe(n — Q + 1))

esr(n) = FFT)0,0,...,0, ex(n)] (13)

where there are Q —1 zeros padded for computing es,(n) and time alignment.

Noting the symmetry of the weight vector in the frequency domain, we
only need to update half of the subband weights in traditional subband adap-
tive filter. In our architecture, we directly update the subband adaptive filter
weights wg(n) in the frequency domain:

ws(n+1) = wy(n) — ugy[-, h] (14)

Distinguishing from the traditional weight stacking method in (12)), we
directly stack the weights w4(n) to obtain w(n). The stacking rule is given
as:

w(n),1 € [0, N/2)
!
ng)(n) =140,l=N/2 (15)
wi"(n),1 € (N/2,N)

10
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Figure 5: Proposed neural network architecture with complex self-attention, (x, y)
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Then, we directly use IFFT to reconstruct the fullband adaptive filter
weight:
w(n) = IFFT[w¢(n)] (16)

3.3. Neural Network with Complex Self-Attention

In this subsection, we devise the core module to update the subband filter
weights.

In [49], a small deep learning model is used as the core updating rule.
This module consists of three layers of fully-connected feedforward networks
and two layers of gated recurrent unit (GRU) networks. When updating the
weight vector, the model in [49] updates the vector in each frequency bin,
which makes the method relatively slow. In ANC system, we must address
the issues of time alignment and time delay. Therefore, we opt to update the
first half of the fullband adaptive filter weights w,(n) in a single output. As
shown in Fig. |5, the input to the NN consists of half of the filtered subband
reference signals and the error signals. The number of intermediate units is
fixed at H. Before feeding the inputs into the NN model, the input complex
signals xss,(n) and es,(n) are compressed by a nonlinear function as:

In[1 + |B]]e’*” (17)

where 3 is the input complex value. In practice, this nonlinear function is
not as useful as it is in work [60] and does not improve performance. Here,
we still apply to our model because it compresses the dynamic range of
the input value and accelerates the training phase.
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When inputting signals into our model, we use a fully-connected feedfor-
ward network layer as the basis generator. The input consists of the con-
catenated real and imaginary parts of the filtered subband reference signal
xfsx(n) and the subband error signal ey (n) in the frequency domain. Then,
a single-headed attention RNN (SHA-RNN) block is utilized to process the
features. The SHA-RNN is proposed in [61], whose structure is depicted in
Fig. [f[a), where the LN block stands for layer normalization. The feed-
forward block [62] relays the over-fitting problem. Because we have yet to
modify the original structure of the feedforward block, its details will not be
discussed in this paper.

The original SHA-RNN does not specify the calculation method of the
attention mechanism. Hence, we can design our attention mechanism. Con-
sidering that although GRU has processed the filtered subband signals before
the attention block, the position of the filtered subband signals comprises
the temporal information. Inspired by [62], which uses an input positioning
method, we propose a learnable feature embedding mechanism and combine
it into the attention block as shown in Fig. [6[b). Here, the input dimension
is H, so the dimensions of the learning parameters )., K, and V, are all H.
The expressions of the inquiry vector q, key vector k and the value vector v
can be written as:

q = Linear|- ® olq ]
k = Linear[- ® o[k,]| (18)

v = Linear[- ® o[v,]])

where ® is the element-wise multiplication operator, ¢[] is the sigmoid func-
tion and Linear|-] represents linear function.
Once we have the required q, k and v, we perform the calculation of
attention:
Softmax|[q” k]v" (19)

where Softmax/[-] is the softmax function. It is worth mentioning that is
different from the original one. In the original attention calculation, all the
q, k and v are matrices whose columns are temporal axis and the rows are
feature axis. Here, we swapped the dimension of features with the dimension
of time to let the q,, k., v, learning the feature weights.

After SHA-RNN processing, two layers of fully-connected networks are
used as the decoder. In addition, parametric rectified linear unit (PReLU)
[63] is adopted as the activation function after each linear layer, excluding
the linear layer in the attention block. Noticing that the output of the NN
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model is actually a gradient in the frequency domain, we postprecess the
output to constrain its amplitude:

g(n> _ <111 {max[m1n[|g(n)|,(;)(;p[—lO]],exp[lO]]} + 1) exp[gég(n)] (20>
where g(n) is the original predicted gradient of the NN model. actually
limits the amplitude of the predicted gradient from 0 to 2, which is actually
the ideal step size interval of the normalized FxLMS (NFxLMS).

In summary, we rewrite the relationship between the output g(n) in
and the input signals as:

g(n) = NN[Re[x}(n)], Relefy(n)], Re[x}, (n)], ...,
Re X?f(Q/Q 1( )], Re[ef(Q/2 1)( n)),

[
[
[
[x

(21)

—

m X?f (n)], m[efo< )]7Im[xff1< n)l, ...,

Im ;l:f (Q/2— 1)( n)l, Im[e?(Q/z—n(”)L h]
where NN, h] is the whole function of the proposed NN model.
3.4. Training Strategies and Loss Function

In ANC systems, estimating the secondary acoustic path is crucial. For
example, the FxLMS algorithm is derived by the gradient descent method,
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Table 1: Training algorithm

Initialization: NN[.|, w(0), ', a, D, u

Function: Inner loop(w(n),x,d,NN[-], F, N,h, D.a), u
Ly=0
For i=0,1,2,...,FD — 1
y(n) = w'(n+i)x(n +1)
y(n) = Fgly(n +1))s
zp(n) =x"(n+1)$
Compute Xsi(n + 1) and es,(n + i) using , and
If n%D ==0
g(n +1),h = NN[Re[x}(n + )], Re[efo(n +14)], ...,
Im[x?f(@/%l)(" +1)), Im[e?(@/zfl)(” + )], h]
ws(n+1+14) =wy(n+1i) — ug(n +1)
Compute w(n + i) using (15)
Compute L(n + ) using (23)
L :,CM—F,C(TL—I—Z')
End for
Return Ly, w(n + 1)
End function
Function: Outer loop(w(0), NN[-], F, D, a, u)
Extract x, d, s from D
While not converged do
Ly, w(n+ FD) = Inner loop(w(n),x,d,NN[-|, F, N, h,a, u)
h = Meta optimization (L, h)
n=n+FD
End while

Return NN ]
End function

% denotes the modulo operator.
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which heavily depends on the estimated secondary path to keep convergent
[64]. If the estimated secondary path differs from the actual secondary path,
FxLMS will slow its convergence process and even become divergent. Since
our model is learning-based, we try to train our model without estimating the
secondary path. However, our model can only handle the secondary path-free
problem when the number of its parameters is vast, which is unsuitable for
running in real time. Inspired by work [65], we attempt to train our model
with the main delay of the secondary path. Thus, we choose to train and test
our model with the estimated secondary path and with the main delay of the
secondary path. Using the main delay of the secondary path, becomes:

g(n) = NN[Re[x} o(n)], Relefy (n)], Re[xa 5y ()], ...

Re Xzf(Q/z 1( )], Re[ef (Q/2— 1)( n)l,
Aso(n)], Im[efo(n)], Im[xA 41 ()], ...

f(Q/2— 1)( n)l, Im[ef(Q/Q 1( )],h]

[

[
(22)

Im[x

Im[x%

where the subscript A means that the reference signal is filtered by the main

delay of the secondary path.

To specify the loss function and the meta loss function in the proposed
model, we use the squared error in the frequency domain as the loss function:

£(n) = |[FFT[0,0, ..c(n)]|]? (23)
and the meta loss function is defined as the accumulated MSE:

M= FD

where F' is the number of meta frames. Once we obtain the meta loss,
gradient decent approach is used to optimize the parameters of the NN model.

Here, we select the best optimizer for our model from 3 gradient decent-
based optimization methods, Adagrad [66], RMSprop [67] and ADAM [6]].
The ADAM method was found to perform the best in our task, so it is
used for further training and testing. The learning rate is set as 0.0001. The
reason is that the meta-optimization will be divergent when the learning rate
is too large, while a learning rate that is too small slows down the training.
Furthermore, we introduce a learning rate decay scheme to the optimizer.
Whenever the new validation loss exceeds the lowest, the learning rate is

reduced by 50%.
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In summary, we show a simplified form of the training algorithm in Table
with a batch size of 1. In the following experiments, we use meta delayless
subband adaptive filter (MDSAF) and MDSAF-MD to represent our ANC
solutions trained with the whole secondary path and the main delay of the
secondary path, respectively.

3.5. Skip Updating

Recalling the feedforward ANC system in Fig. the distance between
the noise source and the error microphone should be greater than between
the secondary speaker and the error microphone to satisfy the causality con-
straint. That is, the sound propagation time from the reference microphone
to the error microphone T}, should be always larger than the sound propa-
gation time from the secondary speaker to the error microphone T;. As a
result, the processing delay of the ANC system Thanc should be smaller than
the difference between 7, and Tj:

TANC < Tp — TS (25)

Here, Thnc includes the time involved in the ADC, convolution of the
adaptive filter, DAC, amplifier and secondary speaker. Furthermore, the
fullband FxLMS algorithm requires instantaneous gradient computation on
a sample-by-sample basis. Hence, the delay in the filtered reference signal
is unavoidable. In updating the adaptive filter weight, its processing delay,
denoted by T, should be smaller than the sampling interval fi

1
Tu<?<Tp—Ts (26)

In our approach, computational latency is still unavoidable, but the time
constraint of updating can be relaxed by the delayless subband architecture.
The resultant time limit for updating is given as:

D
T, < — (27)
Js
Because fi < fQ, using delayless subband architecture increase the time
limitation to update the adaptive filter weight. Here, we introduce a skip
updating factor B € Z" to further relax the time constraint:

(B+1)D
[s

16

T, < (28)



Noting that % < (EJZ—:)D, adjusting the value of B controls the time

limitation to update the adaptive filter weight. When T}, < %, we can set B
as 0 so that will reduce to , implying that there is no skip updating.
If is not satisfied, we can adjust B until is satisfied so that updating
the adaptive filter weight will not violate the time constraint. For example,
when T, is 1.5 ms while QS is 1 ms, B will be set as 1, meaning that one
update will be skipped.

3.6. Computational Complezity

In this subsection, we will summarize the computational complexity of
our proposed NN model and then show that it can run in real time.

In our model, the adaptive filter length is N, the subband number is K,
the downsampling factor is D = K /2 and the subband filter length is Q =
N/D. Then, the length of the input vector of the NN model is M = 2DQ =
2N. Noting that M = 2D(@ = 2N, the number of the subband number does
not affect the complexity of the NN model. In addition, the number of hidden
state units is H and the length of the output vector is Z = DQ/2 = N/2. In
this case, the complexities of the first fully-connected layer, the last two fully-
connected layers and the feedforward block are O(HM), O(HZ + Z?) and
O(H?), respectively. The work [62] summarizes the complexities of RNN and
self-attention, which are O(M) with sequence length of 1 and O(H?) with
feature length of 1. Thus, the complexity of the NN model is O(HM + HZ +
Z?+2H* + M) = O(25HN + N?/4+ 2H? + N).

Specifically, the adaptive filter length N is fixed at 1024, the subband
number K is 32, the downsampling factor D is K/2 = 16 and the subband
filter length @ is N/D = 64. Therefore, M is 2D(Q) = 2048, H is 128 and Z
is DQ/2 = 512. By using python package thop, the number of parameters
of our model is 1119752, and the number of floating point operations per
second (FLOPS) is 1419520, which means if we need to run the model at 16
kHz without skips, the FLOPS a chip or a computer can perform need to be
at least 1.42 G. Thanks to the development of today’s neural processing unit
and hardware accelerating techniques, many machines can operate our model
in real time. We use a computer with an Intel(R) Core(TM) i9-14900KF 3.20
GHz processor and apply the Open Neural Network Exchange (ONNX) [69)]
to our model to speed up the inference. The average, maximum, and median
computation times at each iteration are measured as 0.17 ms, 0.25 ms, and
0.17 ms, respectively. Recalling that f%D = 1 ms, the proposed model can
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operate in real time without skip updating. If the computing machine cannot
operate the model without skips, the skip updating factor B can be adjusted
upward.

4. Experimental Setup

4.1. Performance Metric

For evaluation metric, the normalized mean squared error (NMSE), which

is the average ratio of the error signal power to the desired signal power is
often used. The NMSE in dB is:

it E{e*(i)}
i B{a?(0)}
where T} is the number of sound samples. The NMSE is computed based on

50 independent runs. The value of NMSE is usually lower than 0. The lower
value of NMSE indicates better noise attenuation.

4.2. Experimental Settings

A large variety of noise sources are used during the training phase to train
the proposed model. The training set includes a subset of the Environmental
Sound Classification (ESC-50) dataset [70] and the entire Nonspeech dataset
[71]. The ESC-50 dataset consists of 2000 recordings, including animal and
urban sounds. The test set is also obtained from NOISEX-92 [72]. All
recordings in NOISEX-92 are recorded onto digital audio tape using a 1/2”
B& K condenser microphone. The four subsets of NOISEX-92 are Speech
Babble, Factory Floor Noise, Cockpit Noise and Engine Noise. Speech Babble
corresponded 100 people speaking in a canteen. Factory Floor Noise was
recorded near the plate-cutting and electrical welding equipment. Cockpit
Noise and Engine Noise were recordings for a moving buccaneer jet and in
an engine room, respectively. The sampling rate of both the training and
test sets is fixed at 16 kHz.

To simulate the physical structure of the environment for the ANC sys-
tem, a 3D rectangular enclosed room is often used [73,[74]. The room impulse
response (RIR) is computed by image method [75]. In this paper, a spatial
arrangement similar to [42] is used. The size of room is 5 m x 4 m x 3
m (length x width x height), the secondary speaker is located at (3,2,1.5)
and the error microphone is located at (3.5,2,1.5). In order to simulate the
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Table 2: NMSEs at n? = 0.5 with different SNRs

Noise type  Babble Factory Floor Cockpit Engine

SNR (dB) 5 15 25 ) 15 25 5 15 25 5 15 25

NFxLMS —5.98 —6.83 —6.77 —5.35 —6.17 —6.61 —1.85 —1.94 —1.98 —4.12 —4.30 —4.31
DSNFxLMS —5.60 —6.42 —6.28 —5.47 —6.39 —6.78 —2.59 —2.74 —2.81 —4.77 —4.97 —5.06
MDSAF-MD —7.24 —8.55 —9.10 —7.38 —8.70 —9.30 —6.84 —7.69 —8.05 —7.27 —8.11 —8.21
MDSAF -7.50 -8.97 -9.54 -7.85 -9.29 -10.17 -7.13 -8.05 -8.48 -7.47 -8.42 -8.55

variations of the primary path, reference microphones are placed at 9 posi-
tions. These positions are the vertices and center of a cube space centered at
(1,2,1.5) with edge length of 1. Omnidirectional microphones are employed
to record sound signals. The lengths of the primary path and secondary path
are set as 2048 and 1024, respectively. The sound velocity is 340 m/s. Noting
that low revereration time is often used in deep ANC algorithms [42], [76], the
reverberation time (T60) is employed as 0.15 s. For training a meta learning
model, different signal-to-noise ratios (SNRs) of measurements are selected
as 0, 5, 10, 15, 20, 25, 30 dB. The SNRs for testing algorithms are set as 5, 15
and 25 dB. Notice that the saturation effect of the secondary speaker is the
most significant nonlinearity in the ANC system [16, 52]. The nonlinearity
factors n in are set as 0.1, 1, 10 and co during the training phase, while
in the test, they are 0.5, 2 and oco. Every audio is clipped as 3 s without
changes of the primary path when training our model, while the audio length
of the testing set is fixed at 10 s, and there is a sudden change of the primary
path at the middle of the ANC process. We combine the clipped audios and
the simulated acoustic paths to generate 9000 for training, where 90% of the
recordings are training set and the rest are for validation. The adaptive filter
length is fixed at 1024. The step size pu is set as 0.4. Since a meta-learning-
based training method is used in this paper, there is no labeled data and the
measurement noise will affect the error noise. The number of meta frames F'
is 8. The batch size of training data is set at 150 to accelerate the training
phase, and we set an early stopping time to avoid overfitting with patience
of 3. Meanwhile, when training our model, the skip updating factor B is set
at 0.

4.8. Competing Algorithm

To evaluate the learning-based adaptive filter performance, we need to
select some competing algorithms. It is worth mentioning that despite su-
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Table 3: NMSEs at SNR = 5 dB with different 7?2

Noise type  Babble Factory Floor Cockpit Engine
n? 0.5 2 o0 0.5 2 o0 0.5 2 o0 0.5 2 o0

NFxLMS —5.98 —6.29 —5.95 —5.35 —5.64 —5.81 —1.85 —1.85 —1.85 —4.12 —4.05 —4.20
DSNFxLMS —5.60 —5.90 —5.61 —5.47 —5.76 —5.90 —2.59 —2.57 —2.60 —4.77 —4.70 —4.80
MDSAF-MD —7.24 —7.49 —7.09 —7.38 —7.45 —7.42 —6.84 —6.83 —6.87 —7.27 —7.10 —7.15
MDSAF -7.50 -7.74 -7.42 -7.85 -7.93 -8.03 -7.13 -7.14 -7.17 -7.47 -7.22 -7.39

pervised learning-based ANC algorithms [42] 47, 43|, [44] have gain significant
success, we do not choose one of them. Supervised learning methods use true
labels to essential information about the system to be modeled. In this paper,
we try to perform data-driven techniques without true labels. Therefore, we
still choose two traditional adaptive algorithms for performance evaluation.
They are the NFXLMS and delayless subband normalized filtered-x least
mean square (DSNFxLMS) algorithms for performance comparison. The
updating rule of the NFxLMS algorithm is given as:

xs(n)e(n)

win 1) =wn) = e I + e

(30)
where € is a small positive number to prevent the denominator term from 0.
It is worth mentioning that the simple normalization factor ||x(n)||? is not
practical. The equivalent delay of the secondary path [54] also affects the
normalization factor. In this paper, the secondary path is fixed so that the
equivalent delay of the secondary path is fixed. Thus, the step size of the
NFxLMS algorithm can be adjusted to comprise the equivalent delay during
the weight update. In addition, the updating rule of DSNFxLMS algorithm
[77] is:
Xk (n)er(n)
[k (n)]]> + €
The nonstationary noise will affect the upper bound of the step size of
adaptive algorithms. In addition, the saturation effect of the speaker function

distorts the secondary source [52]. To cope with all the testing scenarios, we
fix the step sizes of NFxLMS and DSNFxLMS algorithms as 0.01.

wi(n + 1) = wi(n) — (31)
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5. Results and Discussion

5.1. Comparative Studies

We first evaluate the performance of the proposed meta-learning-based
delayless subband model with the competitors. The models with different
secondary paths and the competitors are tested under three types of un-
trained noises in two nonlinear systems (n> = 2, n? = 0.5) and a linear
system (n? = co0). Tables [2| and |3 present the averaged NMSEs under differ-
ent noise types with various SNR levels and nonlinearity factors. Traditional
algorithms give larger NMSEs when using the same step size across all test
scenarios. This is because, even in the linear condition, the acoustic path
length is relatively long, and the noise sources are not stationary. The MD-
SAF and MDSAF-MD demonstrate superior performance across all cases.

0 —— NFxLMS 0 —— NFxLMS
—— DSNFxLMS —— DSNFxLMS
—— MDSAF-MD —— MDSAF-MD
2 —— MDSAF -2 —— MDSAF
m as]
= T
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wn wn
= =
Z Z
(a) Babble (b) Factory Floor
o d o4 —— NFxLMS
—— DSNFxLMS
—— MDSAF-MD
2?1 /\ = 2 4 —— MDSAF
—— NFxLMS
= o
E’ —— DSNFxLMS E/
g —4 4 —— MDSAF-MD fé)
—— MDSAF
Z Z
6 -
-8 1] T T T T T T T T
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Time(s)

(¢) Cockpit

10
Time(s)

(d) Engine

Figure 7: NMSEs under different noise types at SNR= 5 dB and 1% = 0.5
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Figs. [7] and [§] display the NMSE and power spectrum curves for further
comparison. The power spectrum, which measures relative signal power in
the frequency domain, illustrates the noise attenuation achieved at different
frequencies. The results in Fig. [7] are obtained with four types of testing
noise and a nonlinearity factor of n? = 0.5. The MDSAF and MDSAF-MD
achieve lower NMSEs upon convergence than others and demonstrate faster
convergence during the ANC process. Interestingly, even without training
the MDSAF and MDSAF-MD for primary path changes, the MDSAF and
MDSAF-MD adapt well and converge faster than competitors. Notably, the
MDSAF and MDSAF-MD are trained using only noisy data, which means
they never see the true desired signal, yet they effectively compensate for
nonlinearity.
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Figure 8: PSDs under different noise types at SNR= 5 dB and n? = 0.5

In Fig. [ the MDSAF and MDSAF-MD achieve wideband noise reduc-



tion, whereas the competing methods are effective only at low frequencies.
This aligns with the findings of [7§], highlighting the limitations of con-
ventional ANC systems at low and medium frequencies. In Fig. [§f(a), the
main frequency band of the noise is below 2000 Hz. While the MDSAF and
MDSAF-MD perform well in the low-frequency band, some power increases
exist in some high-frequency bins. This is because the delayless subband
filters have some stacking errors, and meta-learning-based models have lim-
ited prediction performance in low-power frequency bands. It is important
to note that we have used the same architecture to train two models under
different secondary path conditions. The model with the whole secondary
path handles a more straightforward ANC problem, so a decrease in perfor-
mance is expected when using the model trained with the main delay of the
secondary path. Notably, the model with the whole secondary path can most
effectively cancel unwanted noise in both linear and nonlinear situations.

6. Conclusion

This paper takes inspiration from deep ANC and meta-adaptive filter
approaches, transferring the main idea of a meta-learning-based model into
a feedforward ANC system. We reformulate the ANC problem as a meta-
learning problem and employ a NN model as the updating rule of the adaptive
filter. Our architecture differs from the original meta-adaptive filter since we
modify the delayless subband architecture to avoid multi-point updating of
the adaptive filter weight in the frequency domain. A modified single-headed
recurrent neural network is used. We design a learnable feature embedding
method to learn the temporal feature across the position of subband signals.
Furthermore, using the delayless subband architecture and the skip updat-
ing strategy, our learning-based architecture can operate in real time without
violating the causality constraint. Furthermore, we apply the proposed archi-
tecture to an ANC system that does not use the whole secondary path. We
experimented with our architecture on various paths and different types of
noise. The results show that with the proper training data and loss function,
our architecture can cancel noise under path and noise changes without true
labels, which is often required in other deep learning-based ANC algorithms.
Moreover, the proposed model can cope with situations not only with the
whole secondary path but also with the main delay of the secondary path.
Extensive comparative and parametric studies illustrate our algorithms’ su-
perior generalization and performance.
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